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Method and System for wideband Pre-Distortion Linearization 
Field of the Invention 

The present invention relates to a method and system for linearization of radio 
transmitter, more particularly, to a method and system using the wideband digital 
pre-distortion linearization technique to improve the linearity of the radio transmitter. 

Background of the Invention 



In recent years, the lack of the radio spectrum resources is more serious with the 
rapid development of the radio communication. Linear modulation that has higher 
utilization efficiency is adopted in many radio communication systems in order to 
make use of the limited spectrum resources more efficiently. Since both the phase 
and amplitude of the linear modulation signal carry useful information, any nonlinear 
amplification of such signal will result in the increasing of the error rate and the 
interference between adjacent radio channels, which should be avoided when 
designing a radio communication system. It is necessary to amplify the linear 
modulation signal with high linearity in order to avoid those two harmful effects 
when designing radio communication system. 

The conventional method for improving the linearity of the radio frequency (RF) 
amplifier is to set the output power of the amplifier much lower than ldB 
compression point, i.e., to use a small part of relatively linear input-output 
characteristics of the radio frequency power amplifier to achieve high-linearity 
amplification, which is called power backoff. However, there are obvious 
disadvantages in the backoff technique. First, the high linearity is achieved at the 
expense of power efficiency, which means that it does not make use of the most of 
the power output capacity of the amplifier, and therefore the power efficiency of the 
amplifier is reduced and the cost of the amplifier is increased; secondly, low power 
efficiency means that most power will be dissipated in the form of heat, which will be 
a heavy load to the ventilating and dispersing system of the whole base station; 
finally, the low efficiency power amplifier needs a power supply system of higher 
capacity, which is also an important factor leading to the increase of the cost of the 
transmitter. In order to improve the power efficiency of the amplifier and reduce the 
cost of the transmitter, the most common way is to set the power amplifier in the state 
of low linearity and high power efficiency, and then to improve the linearity of the 
amplifier from outside by certain measures and those measures are generalized as 
linearization techniques. 

The conventional linearization techniques include the feedforward linearization 
technique and the feedback linearization technique. These two techniques are widely 
used in various radio communication systems. However, both of them have 
disadvantages: the main problems of the feedforward linearization technique include 
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low efficiency, complex structure and high cost of the amplifier; the feedback 
linearization technique has the problem of loop stability or bandwidth limitation. 
Accordingly, neither of these two techniques can provide wideband amplification 
with high linearity at the power efficiency level required by the next generation 
mobile communication base station. 

Another commonly used linearization technique is pre-distortion technique, which 
can achieve higher power efficiency than the feedforward technique. The difference 
between the pre-distortion technique and the feedforward technique is that the 
compensation is implemented before amplification, s i.e., the input signal is 
pre-distorted in advance, so that the overall effects of the signal obtained by 
pre-distortion and nonlinear amplification is close to what obtained by linear 
amplification. There are three kinds of pre-distortion technologies, i.e. digital 
baseband pre-distortion, analog baseband or intermediate frequency pre-distortion, 
and RF pre-distortion. Among the three, digital baseband pre-distortion technique 
based on the adaptation of the digital signal processing is developing rapidly in recent 
years. In conventional pre-distortion technique, the pre-distortion compensation 
parameter calculated in advance is stored in a single dimensional pre-distortion 
look-up table, and then an address value is calculated on the basis of the magnitude of 
the current input signal, after locating the corresponding pre-distortion compensation 
parameter at the corresponding position of the pre-distortion look-up table, the input 
signal is corrected by an algorithm (e.g. adding or multiplying with the original 
signal). The way of determining the compensation parameter in the table is to have 
the nonlinear effect of the amplifier compensated exactly by the pre-distortion signal. 

In order to make the compensation effect of the pre-distortion linearization track the 
changes of the amplifier characteristics due to the external factors, such as seasons, 
weather, environment and so forth, and the internal factors, such as the operation 
point of the amplifier, the shift of the amplifier characteristics along with the term of 
use, a feedback branch is usually required. A part of the output of the amplifier is 
coupled to this feedback branch as the feedback reference signal, and adjusts the 
pre-distortion parameters in the pre-distortion look-up table based on the difference 
between the input signal and the feedback signal. Since it is impossible for the 
amplifier characteristics to change markedly in a very short period of time, the 
adjustment is usually a nonreal-time process. 

However, the linearization bandwidth and the linearization performance provided by 
the digital pre-distortion linearization solution are both limited without taking some 
special measures, because there are some memory effects in the amplifier. The 
existence of the memory effects greatly influences the performance of the 
pre-distortion, and the wider the bandwidth, the more serious the effects of the 
memory effects. From point of view of time domain, when the memory effect exists, 
the distortion characteristics are related not only to the current input but also the 
previous inputs of the amplifier; and from the point of view of frequency domain, the 
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memory effect means that the amplitude and phase of the nonlinear distortion 
components of the amplifier vary with the change of the modulation frequency of the 
input signal, and such a variable distortion signal cannot be completely compensated 
by means of the pre-distortion signal having fixed amplitude and phase. 

Fig. 1A-D shows nonlinear intermodulation distortion of the amplifier when memory 
effects exist and do not exist. 

Fig. 1A shows the situation when no memory effect exists in the amplifier. New 
components will be generated by non-linearity of the amplifier after a two-tone input 
signal is amplified by the amplifier, wherein IM3L (lower sideband third-order 
nonlinear intermodulation distortion component) and IM3H (upper sideband 
third-order nonlinear intermodulation distortion component) are generated in the 
lower sideband and upper sideband of the two-tone signal respectively by the 
third-order nonlinearity of. the amplifier, because there is no memory effect in the 
amplifier, the amplitude and phase of IM3L are equal to that of IM3H respectively. 
Fig. 1A only shows the amplitude components of the intermodulation distortion 
signals. 

Fig. IB shows the case when memory effect exists in the amplifier. The amplitude of 
IM3L is not equal to that of IM3H due to the memory effect of the amplifier. The 
asymmetry of the amplitudes in the intermodulation distortion components is usually 
caused by the electrical memory effect of the amplifier. Although only the amplitudes 
of IM3L and IM3H are shown in the drawings, it does not necessarily mean that their 
phases are equal. Actually, neither the amplitude nor the phase of IM3L is equal to 
that of IM3H under normal conditions. 

Fig. 1C-D shows another case when the memory effect exists in the amplifier. 
Although the amplitudes of IM3L and IM3H are equal, as shown in Fig. 3C, their 
phases are not equal actually. The asymmetry of the phases in the intermodulation 
distortion components is usually caused by the thermal memory effect of the 
amplifier. Suppose a pre-distortion signal having equal magnitude and opposite phase 
with respect to IM3L, it can only compensate IM3L exactly, but it can not 
compensate IM3H, finally, the resulted signal is the vectorial resultant of this 
pre-distortion signal and IM3H. Apparently, the resultant signal is not zero 
when <p*o , and may be no less than the amplitude of IM3H before being 
compensated ( ^>30° ). 

Because the amplitudes and the phases of the intermodulation distortion 
compensation components of IM3L and IM3H generated based on the in-band 
nonlinear distortion characteristic of the amplifier are in conformity with each other, 
the fact that the memory effect shown in fig. 1B-D will cause IM3L and IM3H to be 
asymmetry, which will affect the pre-distortion linearization performance seriously. 
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The symmetrical compensation signals cannot compensate un-symmetrical IM3L and 
IM3H completely due to the memory effect, because the result of pre-distortion 
compensation is very sensitive to the match of amplitude and phase between the 
compensation signals and the distortion signals. 

Since the digital pre-distortion linearization solution generally determines the 
compensation parameters according to the in-band nonlinear distortion characteristic, 
i.e., the conversion characteristic of amplitude modulation to amplitude modulation 
and amplitude modulation to phase modulation (hereafter called AM-AM & AM-PM 
characteristic of the amplifier), and this kind of characteristic can only describe the 
intermodulation distortion in which the upper sideband and the lower sideband are 
completely symmetrical, and thus the determined compensation parameters can only 
compensate the intermodulation distortion in which the upper sideband and the lower 
sideband are completely symmetrical. However, the memory effect will cause 
asymmetry between the upper sideband and lower sideband intermodulation 
distortion components, and it is obvious that symmetrical compensation signals 
cannot compensate un-symmetrical signals. v ' 

Fig. 2 is a schematic block diagram showing a typical narrowband digital 
pre-distortion system of the prior art. An input signal 101 is modulated as digital 
baseband signal via a baseband modulator 102, and the signal generates an address 
signal via an addressing circuit 104, while the address signal is in proportion to the 
amplitude of the input signal. A corresponding compensation parameter is searched 
from the corresponding unit of a compensation parameter look-up table 107, and the 
compensation parameter is multiplied by the original modulation signal via a 
complex number multiplier 106 to generate a corrected pre-distortion signal. The 
pre-distortion signal is converted to analog baseband via a digital/analog converter 
110, this pre-distortion signal is modulated to radio frequency via a quadrature 
modulator (up converter) 112, then it is transmitted via a transmitting antenna 118 
after amplified by a power amplifier 116. A part of the output power of the power 
amplifier 116 is coupled to a directional coupler 117, and then 
quadrature-demodulated and down converted to an analog baseband via a quadrature 
demodulator (down converter) 114, and the feedback signal is converted to a digital 
baseband via an analog/digital converter 1 1 1 . In the digital baseband, the feedback 
signal is compared with the original signal delayed by a delay 103 in a signal 
comparator 109, and the resulted error signal is used to control a parameter updating 
unit 108 to generate a parameter updating signal for updating the nonlinear 
compensating parameters of the amplifier in the compensation parameter look-up 
table 107. The delay of the delay 103 is regulated by a delay regulator 105, which 
obtains a delay-regulating signal by comparing the original input signal delayed by 
the delay 103 with the feedback signal. The carrier frequency signal of the device is 
provided by a local oscillator 1 15 to the quadrature modulator 1 12 and the quadrature 
demodulator 114, and a phase regulator 113 is disposed between the local oscillator 
115 and the quadrature demodulator 114, which is used to regulate the RF phase 
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difference between the forward amplifying branch and the feedback branch, so as to 
keep the whole system stable. Because such a compensation device corrects the 
non-linearity based on the magnitudes of current signals and the AM-AM & AM-PM 
characteristics of the amplifier, without taking into consideration of the memory 
effects of the amplifier, hereby it can only compensate the memoryless nonlinear 
distortion near the predetermined frequency point, so that the linearization 
performance achieved by the device and the linearization bandwidth provided by the 
device are limited. 

US 6,356,146 discloses an improved solution for the narrowband digital 
pre-distortion compensation solution shown in Fig. 2, as shown in Fig. 3, it includes: 
(1) changing the multiplication of the complex gain correction into a filtering 
compensation of a finite impulse response (FIR) filter, the advantage of such 
compensation consists in that the case that compensation changing with frequency is 
taken into consideration; (2) the parameters of the FIR filter 206 are saved in a 
three-dimensional compensation parameter data structure 207. The data structure has 
three address retrieval entries, i.e. amplitude retrieval entry 204A, differential 
retrieval entry 204B and integral retrieval entry 204C, as shown in the drawing, the 
whole data structure is three-dimensional, the compensation coefficient can be 
obtained by addressing the three retrieval entries, which is related to the amplitude of 
the current input signal, the integral value of the input signal (indicating the effects of 
previous signals) and the- differential value of the input value (indicating the 
bandwidth of the input signal). The compensation relates to not only the amplitude of 
the current signal, but also the previous input signals and the change rate of the input 
signals, with such improvement, hereby this device can compensate the nonlinear 
characteristics varying with the modulation frequency and the time changing 
nonlinear characteristics of the amplifier. The retrieval entries of the 
three-dimensional compensation parameter data structure 207 are not limited to the 
above-mentioned three ones, Fig. 3 shows another retrieval mode instead of the 
integral retrieval entry 204C, in which the change of the temperature of the amplifier 
is sensed by a temperature sensor 219, then the sensed signal is converted to the 
digital band via digital/analog converter 211, and the address value of the 
corresponding dimension is calculated by a address retrieval calculator 204D. The 
FIR filter 206, the three-dimensional compensation parameter data structure 207, the 
amplitude retrieval entry 204A, the differential retrieval entry 204B and the integral 
retrieval entry 204C are named distortion compensation signal processor 220. This 
compensation solution takes the AM-AM & AM-PM characteristic of the amplifier 
which varies with time and the modulation frequency of the input signal into 
consideration, thus its compensation effect is better than the narrowband digital 
pre-distortion compensation solution shown in Fig. 2, and also the linearization 
bandwidth provided is wider. However, this solution is still based on the in-band 
AM-AM & AM-PM characteristic of the amplifier, its pre-distortion signals of the 
upper sideband and the lower sideband are symmetrical in frequency spectrum, but 
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the memory effect is an out-of-band distortion and will usually result in the 
intermodular on distortion, in which the upper sideband and the lower sideband are 
not symmetrical, thus this kind of solution can not compensate the memorial 
nonlinear characteristics of the amplifier. 

Contrary to the pre-distortion technique, the linearization performance of the 
feedforward technique is not affected by the memory effect, mainly because the 
signal is compensated after being amplified by an amplifier. The advantages of 
feedforward technique in terms of linearization bandwidth and the linearization 
performance lie in that it is not sensitive to the memory effects. If the problem of 
being sensitive to the memory effects in predistortion technique can be resolved, the 
technique will reach or exceed the level of feedforward technique in terms of the 
linearization bandwidth and the linearization performance. 

Summary of the Invention 

One object of the present invention is to provide a method for wideband 
pre-distortion linearization and a system based on the method, which can remove the 
limitation to the linearization performance achieved and the linearization bandwidth 
provided by digital pre-distortion linearization technique due to the memorial 
non-linearity in the RF power amplifier, so as to improve the linearization 
performance achieved and the linearization bandwidth provided by the digital 
pre-distortion linearization technique greatly. 

Another object of the present invention is* to provide a circuit and system based on 
digital pre-distortion linearization technique for the radio transmitter in the filed of 
wireless communication, which can simplify the existing digital pre-distortion 
technique greatly, and provide wider linearization bandwidth and better linearization 
performance than the existing pre-distortion systems at low cost. 

The above-mentioned object of the present invention is achieved by providing a 
wideband digital pre-distortion linearization method and a wideband digital 
pre-distortion linearization system. 

The wideband pre-distortion linearization method according to the present invention 
comprises the following steps: 

- performing in-band pre-distortion compensation for an input signal according to the 
characteristics of an amplifier, and obtaining an in-band pre-distortion signal; 

- Performing out-of-band pre-distortion compensation for the input signal according 
to the characteristics of the amplifier, and obtaining an out-of-band pre-distortion 
signal; 
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- up-converting the in-band pre-distortion signal; 

- adding the up-converted in-band pre-distortion signal to the out-of-band 
pre-distortion signal which is not up-converted at the input of a power amplifier; 

- inputting the added signal to the power amplifier as an input signal; 

- coupling a part of the output of the power amplifier as a feedback signal and 
comparing it with the original input signal; 

- regulating adaptively the characteristic parameter of the amplifier for generating the 
in-band pre-distortion signal and the out-of-band pre-distortion signal according to 
the comparison result, so that the waveform of time domain or the frequency 
spectrum of the feedback signal can be quite close to that of the original input signal. 

The wideband pre-distortion system according to the present invention comprises an 
in-band signal pre-distortion processing unit, a quadrature modulator (up converter), 
an put-of-band signal pre-distortion processing unit, an signal adder, a power 
amplifier, a quadrature demodulator (down converter), and an adaptive model 
parameter exacting unit; wherein, one part of an input signal is used to generate an 
in-band pre-distortion signal via the in-band signal pre-distortion processing unit, and 
another part of the input signal is used to generate an out-of-band pre-distortion 
signal via the out-of-band signal pre-distortion processing unit; the in-band 
pre-distortion signal is modulated and up-converted to a carrier frequency via the 
quadrature modulator (up converter), and then added directly with the out-of-band 
pre-distortion signal which is not up-converted at the signal adder; the added signal is 
transmitted an antenna after being amplified by the power amplifier; a part of the 
output signal of the amplifier is provided to the adaptive model parameter exacting 
unit as a feedback signal, after being quadrature-demodulated and down-converted by 
the quadrature demodulator; the unit compares the feedback signal with the original 
input signal and generates a parameter updating signal based on the comparison result, 
the parameter updating signal is provided to the in-band signal pre-distortion 
processing unit and the out-of-band signal pre-distortion processing unit to adaptively 
regulate a pre-distortion compensation parameter required by the in-band signal 
pre-distortion processing unit and the out-of-band signal pre-distortion processing 
unit. 

The method and system according to the present invention can compensate the 
non-linearity with memory effect of the amplifier, and more particularly, compensate 
the intermodulation distortion due to the memory effect, in which the upper sideband 
and the lower sideband are not symmetrical. Comparing to the digital pre-distortion 
technique of the prior art, the present invention removes the limitation to the 
pre-distortion performance caused by the memory effect radically, improves the 
linearization performance of the digital pre-distortion greatly and extends the 



linearization bandwidth of the digital pre-distortion. 

Another advantage of the method and system according to the present invention is 
that it can simplify the complexity of the digital pre-distortion linearization system 
greatly, and reduce the cost of the system significantly. 

Brief Description of the Drawings 

Fig. 1A-D are schematic diagrams showing the comparison of the nonlinear 
intermodulation distortion of the amplifier between the case when memory effects 
exist and the case when no memory effect exists; 

Fig. 2 is a block diagram showing a typical narrowband digital pre-distortion 
compensation system of the prior art; 

Fig. 3 is a block diagram showing a pre-distortion compensation solution that takes 
into consideration of the AM-AM & AM-PM nonlinear distortion characteristic 
varying with time and the modulation frequency of an input signal; 

Fig. 4-11 as a whole shows a preferred embodiment of the present invention; 

Fig. 4 is a schematic block diagram of a wideband pre-distortion linearization system 
with the features of the present invention; 

Fig. 5 is a block diagram showing an in-band signal pre-distortion processing unit; 

Fig. 6 is a block diagram showing an out-of-band signal pre-distortion processing 
unit; 

Fig. 7 is a block diagram showing a thermal FIR filter for eliminating the thermal 
memory effect of the amplifier; 

Fig. 8 is a block diagram showing an electrical FIR filter for eliminating the electrical 
memory effect of the amplifier; 

Fig. 9 is a block diagram showing the working principle of the adaptive model 
parameter exacting unit; 

Fig. 10 is a flow chart showing the identification algorithm for amplifier model 
parameters; 

Fig. 1 1 is a flow chart showing the adaptive regulation algorithm for amplifier model 
parameters. 
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Detailed Description of the Invention 



According to the method of the present invention, the nonlinear characteristic with 
memory effects in the power amplifier is compensated in band and out of band 
simultaneously, wherein the memory effect is compensated by means of an 
out-of-band pre-distortion signal; the memoryless nonlinear characteristic is 
compensated mainly by means of an in-band pre-distortion signal. 

The in-band pre-distortion signal includes three parts. The first part is used to 
compensate the nonlinear distortion with regard to the AM-PM distortion 
characteristic of the power amplifier (the AM- AM distortion of the amplifier can also 
be compensated simultaneously, but this will make the present invention 
complicated), and this part of compensation signal is only associated with the 
amplitude of the current input signal. The second part is used to compensate linear 
distortion relating to the modulation frequency of the input signal (the compensation 
of this part is optional), such as linear frequency distortion relating to the 
digital/analog converter (DAC) and the analog/digital converter (ADC), this part of 
compensation signal is associated not only with the amplitude of the current input 
signal, but also with the previous input signals. The third part is optional too, and is 
used in the system making use of quadrature modulation/demodulation, to 
compensate the distortion associated with the nonideal I/Q channel 
modulation/demodulation characteristics. Because the present invention realizes the 
compensation of the undesired characteristics of digital analog conversion/analog 
digital conversion and of modulation/demodulation, the present invention (it) can 
linearize not only the power amplifier as a part of the radio transmitter, but also the 
whole radio transmitter. 

Out-of-band pre-distortion signal has the same meaning as envelope injection signal. 
Out-of-band pre-distortion signal includes three parts. The first part is used to 
compensate thermal memory effect in the amplifier; the second part is used to 
compensate the electrical memory effect in the amplifier; the third part is used to 
compensate distortion relating to the AM-AM distortion characteristic of the 
amplifier, and this part is optional because compensation for AM-AM distortion can 
also be processed in band, however, this will make the present invention complicated. 

The in-band compensation of the present invention means the pre-distortion 
correction for the original signal is processed in baseband, and the corrected signal is 
up-converted to carrier frequency. Conventional pre-distortion compensations belong 
to this kind of in-band compensation. However, such pre-distortion compensation can 
only compensate the intermodulation distortion, in which the upper sideband and 
lower sideband are symmetrical, when the upper sideband and lower sideband 
components of the intermodulation distortion are not symmetrical, i.e. when the 
amplifier exhibits memory effect, this kind of compensation is incomplete. In order to 
compensate the intermodulation in which the upper sideband and the lower sideband 
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are not symmetrical, a convenient way is to use out-of-band compensation. 

The out-of-band compensation of the present invention means the pre-distortion 
correction for the original signal is processed in baseband, and then the corrected 
signal is not up-converted, but is directly added to the up-converted in-band 
pre-distortion signal at the input of the amplifier. A suitable out-of-band signal can 
compensate nonlinear distortion in which the upper sideband and the lower sideband 
are not symmetrical which is caused by the memory effect. 

In the present invention, memory effect is defined as the effect that nonlinear 
intermodulation distortion component changes with the modulation frequency of the 
baseband. The memory effect is classified as thermal memory effect and electrical 
memory effect according to the generation mechanism. 

The thermal memory effect in an amplifier is mainly caused by internal 
electro-thermal coupling within the amplifier. Electro-thermal coupling is a 
phenomenon that the change of the power consumption of the amplifier will cause the 
change of the chip surface temperature, and the change of the chip surface 
temperature will cause the change of the electrical characteristic of the amplifier. This 
kind of phenomenon is also called as thermal power feedback effect, electro-thermal 
feedback effect or self-heating effect. The thermal dissipation power created by the 
amplifier diffuses into environment via a thermal low-pass filter constituted by the 
thermal resistance between different parts of the apparatus and the thermal capacity 
of the parts themselves, and forms the quasi-static temperature distribution on the 
chip surface. Since thermal low-pass filter will introduce a time delay changing with 
the modulation frequency between the thermal dissipation power and the chip surface 
temperature, the change of temperature caused by the thermal dissipation power is 
not instantaneous, and there is always a phase shift depending on frequency, which 
causes the thermal memory effect. 

The thermal memory effect mainly affects the intermodulation distortion at low 
modulation frequency, and the effect will cause asymmetry of the intermodulation 
distortion components. Further more, the behaviors of the thermal memory effect are 
determined by thermal properties and the electrical properties within the transistors. 

The electrical memory effect of an amplifier is mainly caused by the input impedance 
of the amplifier changing with the modulation frequency of the input signal. It is 
rather easy for the amplifier to maintain the input impedance constant in the range of 
the whole fundamental frequency band and second harmonic frequency band because 
the range of modulation frequency is just a small part of the center frequency, 
however, the variation of input impedance of the amplifier will become very large in 
the range of baseband modulation frequency. Under normal conditions, the main part 
of the memory effect is caused by the changes of the input impedance with the input 
signal modulation frequency at baseband modulation frequency, and the contribution 
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to the memory effect by the first harmonic and the second harmonic is very little. 
Therefore, elimination of electrical memory effect of an amplifier mainly means 
eliminating the electrical memory effect caused by the change of the input impedance 
of the amplifier changing with the modulation frequency of the input signal at the 
baseband modulation frequency. 

The electrical memory effect mainly affects the intermodulation distortion at a higher 
modulation frequency of input signal, and it will cause the asymmetry of the 
intermodulation distortion components of the upper sideband and the lower sideband. 
Unlike thermal memory effect, the creation of the electrical memory effect is mainly 
decided by the characteristics of the external biasing circuit of the transistors, from 
this aspect, the electrical memory effect hardly interacts with thermal memory effect, 
and vice versa, or the influence on each other is negligible, so each of them can be 
regarded as an independent effect approximately. 

More detailed analysis of the thermal memory effect and electrical memory effect 
within an amplifier can be obtained from "Analysis, measurement and cancellation of 
the bandwidth and amplitude dependence of intermodulation distortion in RF power 
amplifier", by Joel Vuolevi, University of Oulu, Finland. 

Because the in-band pre-distortion signal is divided into three parts, its processing is 
also divided into three steps, i.e. compensating the memoryless nonlinear distortion 
of the amplifier, then compensating the linear frequency distortion relating to the 
input signal modulation frequency of the amplifier, arid compensating undesired 
characteristics of modulation/demodulation. Only the first step is indispensable, the 
second step and the third step can be optional according to the requirement of system 
and the requirement of performance. Since the present invention introduces 
out-of-band pre-distortion compensation, only compensation for AM-PM distortion 
of the amplifier in band is necessary, which makes the in-band compensation simple. 

As mentioned above, out-of-band pre-distortion signal, i.e. the signal at the envelope 
frequency, is mainly used to compensate the memory effects in the amplifier 
including thermal memory effect and the electrical memory effect, and also used to 
compensate AM-AM distortion. The envelope frequency signal is generated 
according to the characteristic parameters of the amplifier and the input signal. The 
AM-AM distortion and AM-PM distortion of the amplifier can be compensated by 
out-of-band pre-distortion and in-band pre-distortion, respectively, the reason for 
which is that the AM-AM distortion and AM-PM distortion of the amplifier are in 
quadrature when the whole distortion of the amplifier is small. Ordinary power 
amplifiers working in class A or class AB meet this condition. 

The out-of-band pre-distortion signal and the in-band pre-distortion signal are 
generated in the corresponding manners in the following three cases, respectively: 
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(1) When memory effect is not taken into consideration 

It is understood that the memory effect of the amplifier is too little that can be 
ignored in this case, that is to say, the system does not need high performance, and 
the performance requirement can be met even if there is no memory effect to be 
considered. 

In this case, the out-of-band pre-distortion signal is associated with parameters of the 
expression of the amplifier output (for example current), suppose the output current 
can be represented by (assuming the amplifier has three-order nonlinearity): 

+ K lT • T + K myif • T ■ v /)V + K iJVO • T • v m/T 

Wherein g m is the linear transconductance from the input to the output of the 
amplifier; K 2GM is the second order nonlinear coefficient of the transconductance; 
K 3GM is the third order nonlinear coefficient of the transconductance; g o is the output 
conductance of the amplifier; K 2GO is the second order nonlinear coefficient of the 
output conductance; K 3G0 is the third order nonlinear coefficient of the output 
conductance; K 2GMGO is the second order input/output cross transconductance; 
K 3gm2go^ s the third order input leading cross transconductance; K 3GMG02 is the third 
order output leading cross transconductance; * OM ,is the output current of the amplifier; 
V {N is the input voltage of the amplifier; and V OUT is the output voltage of the amplifier. 
Since effects associated with temperature T of the amplifier is not taken into 
consideration, the last three terms relating to the temperature on the last line can be 
ignored. The concrete form of the envelope injection signal is: 

Here 

a 7 ~ K 1CM + g v ' K-igmgo + Sv ' ^-200 

Wherein, g v is the forward voltage amplification factor from the input to the output 
port; I and Q are in-phase component and quadrature component of the input signal, 
respectively, and I 2 +Q 2 is the power envelope of the input signal. 



(3) 
(4) 
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The corresponding in-band pre-distortion signal at this time is: 

Ua^-Q' (5 ) 

Wherein, <f> is a linear phase conversion coefficient (assuming the phase distortion 
is of first-order). The in-band pre-distortion signal is mainly used to compensate the 
distortion due to the AM-PM phase shift. As the AM-AM distortion and AM-PM 
distortion are compensated respectively, the form of the compensation signal 
becomes very simple. 

(2) When thermal memory effect is taken into consideration 

Here, thermal memory effect in the amplifier is considered in order to improve the 
compensation effect. Because the thermal memory effect reflects the influence of the 
historical signals, the compensation signal takes the form of weighted integral. 

The part relating to temperature of the input signal of the amplifier shown in formula 
(1) is: 



l OVT 



our 



(6) 



Herein, K 2T is the second order temperature coefficient; K 3TGM is the input 
temperature cross nonlinear coefficient; and K 3TGO is the output temperature cross 
nonlinear coefficient. The chip surface temperature T can be represented by the 
following function: 

7XO = /(/ 3 +C? 2 ) (7) 
And the envelope injection signal is: 

B = A^y* + Q* ] - fes** tliErool: /(/ ' + Q* ) N ( 8 ) 

At this time, the envelope injection signal includes one part in proportion to the 
power envelope of the input signal, and another part in proportion to the chip surface 
temperature. It should be noted that there a certain phase difference between the chip 
surface temperature and the input signal, as a result, there exists a phase difference 
between the former term and the latter term of formula (8). The characteristic of the 
un-symmetrical intermodulation distortion can be compensated by regulating this 
phase difference. 

In case (2), the in-band pre-distortion signal is same as that in case (1). 

However, in formula (8), the form of the chip surface temperature T is unknown, so 
that the concrete form of the envelope injection signal is undetermined. The chip 
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surface temperature must be determined in order to determine the envelope injection 
signal. The chip surface temperature of the amplifier can be represented by: 

Here, the chip surface temperature includes the following three parts: (1) the ambient 
temperature T AMB of the amplifier; (2) the temperature rise contributed by the DC 
(operation point) power consumption P D/ss (dc) ; (3) the temperature rise contributed by 
the AC (envelope signal) power consumption P DISS (Q) . Wherein, R TH is the DC 
thermal resistance of the amplifier, Z 7 „(Q) is the AC thermal resistance of the 
amplifier. Since the ambient temperature T Am and the temperature rise contributed 
by the DC (operation point) power consumption P DISS (dc) are constant, it can be 
considered that the chip surface temperature includes two parts: part T im which 
does not change with the input signal and part T VAR which changes with the input 
signal, and these two parts are defined by: 



The part changing with the input signal is more concerned. Z r// (Q) is AC thermal 
resistance defined in frequency domain, its corresponding impulse response in time 
domain is: 



The relationship between the change of the chip surface temperature and the input 
signal can be calculated by time domain convolution based on the impulse response: 

T m (/) = H Zru (' - O P DSSS (r) <ir (13) 

The corresponding envelope signal in the case of taking thermal memory effect into 
consideration can be calculated by means of substituting the chip surface temperature 
of the amplifier determined TDy formula (10) and (13) into formula (8). 

(3) When electrical memory effect is taken into consideration 

The electrical memory effect is considered in order to improve the accuracy of the 
pre-distortion compensation. Since the inverse of the integral of the signal reflects the 
bandwidth of the signal, the compensation signal takes the form of the inverse of 
weighed integral. 



(10) 

(11) 
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Because the electrical memory effect of the amplifier is mainly caused by the change 
of the input impedance of the amplifier with the baseband modulation frequency, one 
of the possible measures to compensate for electrical memory effect is to inject a 
specific signal at the input of the amplifier according N to the principle of active 
impedance, and the signal will keep the input impedance of the amplifier in the range 
of the baseband modulation frequency constant. 

Impedance is defined as the ratio between node voltage and node current. If an 
external signal source is added, the signal source can regulate the node current, so 
that the input impedance of the amplifier "observed" at the original input will change 
with the change of the node current, and this is the principle of active impedance. The 
principle of active impedance is also used to design the Doherty Amplifier. 

The compensation signal for electrical memory effect of the amplifier will be 
determined according to the active resistant principle hereafter. 

Assuming that the frequency characteristic of the input impedance of the amplifier is 
known, its corresponding impulse response in time domain is: 

/a* 

= — f 'z w («)-« dm (14) 
When the input signal is a Gurrent, the corresponding voltage at the input node is: 

In time domain, the above formula is: 

v w (0 = J.j s (r) * w (<-0 dr ( 16 ) 



At this time, the transient input impedance of the circuit is: 



*w(0 = 



',(0 



(17) 



Assuming that the input impedance of the amplifier will be compensated to an 
invariable value z 0 , and according to the principle of active resistance, 



Therei 



' W ('W.v(0 



t ='s(') 



- 1 



( 18) 



( 19) 
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If the input signal is voltage, the "impedance" in the integral expression of the 
denominator of the above formula should be replaced with "admittance", and the 
current source should be replaced with a voltage source, while the form of the 
expression unchanged. 

Because the electrical memory effect and thermal memory effect are independent to 
each other, the influence to each other can be ignored. A complete out-of-band 
pre-distortion signal should be the superposition of all of the envelope injection 
signals (thermal memory effect envelope injection signal, electrical memory effect 
envelope injection signal, and envelope injection signal used to correct AM- AM 
distortion characteristic of the amplifier), that is: 

the whole envelope injection signal=the envelope injection signal used 

to correct the AM-AM distortion characteristic of the amplifier 
+the calorifics memory effect envelope injection signal (20) 
-Hhe electrics memory effect envelope injection signal 

After the envelope injection signal generated according to formula (20) are injected 
into the amplifier together with the RF signal carrying the information of original 
signal, the memory effects and the non-linearity of the amplifier will be eliminated. 

In the above-mentioned method, to prevent disadvantageous influence on the 
pre-distortion linearization effect due to the change of the' environmental parameters 
and the aging and shift of the amplifier parameters, one part of the output of the 
power amplifier, as a feedback reference signal, is compared with the original input 
signal in time domain or frequency domain, and the model parameters of the 
amplifier for generating the in-band pre-distortion signal and the out-of-band 
pre-distortion signal is adaptively regulated based on the comparison result, so that 
the feedback reference signal can be quite close to the original input signal. The 
adaptive regulation includes two different stages. The first stage is an initial model 
parameter setting stage, in which the whole system operates under "model parameter 
identification mode". In the second stage, the system regulates the whole or part of 
the model parameters of the amplifier, and the whole system operates under "model 
parameter adaptive regulation mode". Under "model parameter identification mode", 
the regular operation of the amplifier is interrupted, and certain specific signals are 
input to the amplifier, so that the system can determine the initial values of the 
amplifier's model parameters for describing the characteristics of the amplifier by 
inspecting and comparing the output of the amplifier with the input of it. Under 
"model parameter adaptive regulation mode", the amplifier operates normally, and 
the system adaptively regulates the amplifier's model parameters for describing the 
characteristics of the amplifier by inspecting and comparing the output of the 
amplifier with the input of it. When the system starts operation or when the structure 
of the transmitter is adjusted momentously (e. g. replacing an amplifier), a set of 
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initial model parameters of the amplifier is needed, and the system should operate 
under "model parameter identification mode". The amplifier enters "model parameter 
adaptive regulation mode" after the initial values of all parameters are determined 
completely. Under "model parameter identification mode", one set of initial 
parameters should be determined for each possible operation point of the amplifier, 
so that there is no need to switch "model parameter adaptive regulation mode" to 
"model parameter identification mode" when the system switches the operation point 
of the amplifier. 

Here, the detailed process of "model parameter identification" is as follows: 

(1) The model parameter of the amplifier is classified into different levels according 
to the accuracy of the described amplifier models, there is an error level 
corresponding to each accuracy level, and the amplifier models are classified into 
three different levels in an embodiment. 

The accuracy of the first level model is the lowest, and its model parameters comprise 
a linear transconductance g m , a second order nonlinear coefficient of the 
transconductance K 2CM , a third order nonlinear coefficient of the transconductance 
K SGM , a output conductance g a , a second order nonlinear coefficient of the output 
conductance K 2CO , a third order nonlinear coefficient of the output conductance K JCO , 
a second order input-output cross transconductance K 2CMGO , a third order input 
leading cross transconductance K ZGM2GO , a third-order output leading cross 
transconductance K 3CMC02 , a linear phase conversion coefficient $ , a amplification 
factor of the forward voltage of the amplifier g v , and a loop delay r. 

The accuracy of the second model is higher than the first level. The amplifier model 
of the second level further comprises the following parameters on the basis of the 
first level model parameters, i.e. a set of FIR filter parameters describing the 
temperature impulse response of the amplifier, including a delay factor and a 
weighted coefficient. 

The accuracy of the third level model is higher than the second level, the amplifier 
model of the third level further comprises the following parameters on the basis of 
the second level model parameters, i.e. a set of FIR filter parameters describing the 
input impedance of the amplifier varying with the change of the modulation 
frequency of the input signal, which includes a delay factor, a weighted coefficient, 
and two proportional factors. 

(2) After classification of the levels of the amplifier's model parameters, the amplifier 
model parameters of the first level is extracted, an initial value is calculated for each 
model parameter of the first level, then the model parameters of the first level are 
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regulated adaptively until the error is reduced to certain extent or the times of the 
adaptive iteration reach a predetermined value. The method for calculating the initial 
value of the first level model parameters is as follows: 

Forward voltage amplification factor of the amplifier gv : the input signal of the 
amplifier is regulated to a value small enough to render no apparent nonlinear 
distortion; the relative amplitude of the voltage of the corresponding input signal is 
compared with that of the feedback signal, if the gain of the feedback branch is 
known, the forward voltage amplification factor of the amplifier can be calculated 
directly; g v can also be predetermined by the specification of the amplifier. 

Linear phase conversion coefficient * and the loop delay r: the input signal of the 
amplifier is multiplied by the feedback signal to obtain a DC value in proportion to 
the input signal, that is, the DC value is in proportion to the cosine of the relative 
phase shift, and the relative phase shift is associated with the linear phase conversion 
coefficient ^ and the loop delay t. The above measurement and calculation are 
conducted for two input signals with different frequencies, and the linear phase 
conversion coefficient * and the loop delay r are calculated according to the 
following equation: 

. 1 coj arccos2C t -aj, arccos2C 2 ( 21 ) 

A a>, -a> 2 

<y, arccoslC, -<u, arccos2C 5 (22) 
r = — -' " 

Where, C, and C 2 are DC values measured twice respectively, coj and co 2 are the 
modulation frequencies of the input signal measured twice respectively, and A is the 
amplitude of the input signal. 

Nine conductance coefficients: the partial derivative of the output current with 
respect to the input bias voltage and the partial derivative of the output current with 
respect to the output bias voltage are measured on nine adjacent bias points 
respectively (the output current is obtained from the feedback signal indirectly, and 
the input bias voltage and the output bias voltage are set by the system), as shown in 
the following equation: 

% HL - g m + 2 • K Um ■ v„ + 3 • JC HM • vj, + K 2tmto • v our 

•I 212 - - S„ + 2 • w + 3 • fC Jgo ■ v* yr + K 1gmto • v„ 
+ 2 • K itmgoi ■ v„ • v oyr + K 3sm i go ■ 



(23a) 
( 23b) 
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Thus eighteen measured values are obtained. The nine conductance parameters are 
resolved from eighteen equations created using the eighteen measured values. 
Redundant equations provide the model parameters with the necessary redundancy; 

The above calculation provides necessary initial values for the adaptive regulation of 
the model parameters of the first level. Before all of the initial values are calculated, 
the in-band and the out-of-band pre-distortion correction corresponding to the model 
of this level are not performed. 

(3) The accuracy of the amplifier model is increased to the second level, that is, the 
thermal memory effect model of the amplifier is included. An initial value is 
calculated for each newly introduced model parameter, and then the model 
parameters of this level are regulated adaptively to reduce the error continuously until 
a given level is reached or the times of adaptive iteration gets to a predetermined 
value. 

The initial values of the second level model parameters, that is, the initial values of 
the thermal FIR filter parameters are determined according to the curve of the 
temperature impulse response of the amplifier, which provides the adaptive 
regulation of the second level model parameters with necessary initial values. Before 
all of the initial values are calculated, the in-band and the out-of-band pre-distortion 
correction corresponding to the model of this level are not performed. 

(4) The accuracy of the amplifier model is increased to the third level, that is, 
electrical memory effect model of the amplifier is included. An initial value is 
calculated for each new introduced model parameter, and then the model parameters 
of this level are regulated adaptively to reduce the error continuously until a given 
level is reached or the times of adaptive iteration gets to a predetermined value. 

The initial values of the third level model parameters, that is, the initial values of the 
electrical FIR filter parameters are determined according to the curve of the amplifier 
input impedance changing with the modulation frequency of the input signal. The 
initial values of two proportional factors of the electrical FIR filter are two set values, 
Ki is set to be a constant impedance z o , K 2 is set to be a constant, i.e., 1, (shown in 
Fig.8). This provides the necessary initial values for the adaptive regulation of the 
model parameters of the third level. Before all of the initial values are calculated, the 
in-band and the out-of-band pre-distortion correction corresponding to the model of 
this level are not performed. 

(5) After the amplifier model parameters of all levels are calculated, the system enters 
"model parameter adaptive regulation mode". Since all amplifier model parameters 
will be regulated adaptively, and those model parameters are only the presentational 
model parameters of the amplifier, it is not necessary to calculate the initial values of 
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the model parameters accurately. 



When the system operates under "model parameter identification mode", that is, the 
initial values of the model parameters are calculated, certain special input signals 
need to be arranged, and the amplifier cannot perform amplification normally at this 
time. When all model parameters of the amplifier are provided with initial values, the 
system enters "adaptive parameter regulation mode", and the adaptive parameter 
regulation can be performed as the amplifier operates normally without interrupting 
normal operation of the amplifier and without having the regulation performed while 
the amplifier is unused. 

In the above method, the "model parameter adaptive regulation" is carried out by 
calculating the pre-distortion compensation coefficient according to the initial values 
of the model parameters; compensating the input baseband signal using the calculated 
pre-distortion compensation coefficient; comparing the feedback signal and the 
original input signal of the amplifier under the time domain or the frequency domain 
after they are aligned with respect of time; generating an error signal from the 
comparison, the error signal indicating the difference between the amplifier model 
and the actual amplifier, ending the adaptive parameter regulation if the error signal 
is within the given scope, and regulating the initial model parameters continuously 
according to the adaptive iterative algorithm until the error is reduced below the 
given value if the error signal is out of the given scope of the error . 

In the method according to the present invention, the adaptive algorithm of the model 
parameters except FIR filter parameters can be the least mean square (LMS) 
algorithm, the recursion least mean square error (RLS) algorithm and the like. The 
adaptive algorithm of FIR filter parameters can be Kalman filtering algorithm and the 
like. When the model parameters except FIR filter parameters are regulated 
adaptively, FIR filter parameters are kept constant and when FIR filter parameters are 
regulated adaptively, the model parameters except FIR filter parameters are kept 
constant. An adaptive strategy is that the model parameters except thermal and 
electrical FIR filter parameters are regulated adaptively, then thermal FIR filter 
parameters are regulated adaptively if the regulated linearity of the amplifier cannot 
meet the requirement, and electrical FIR filter parameters are regulated adaptively if 
the requirement still cannot be met. 

Since real-time calculation and digital filtering are used to correct nonlinear distortion 
of the amplifier, which make full use of the correlation between the compensation 
parameters, a compensation parameter table occupying a lot of storage space used in 
the conventional digital pre-distortion method is no more needed and can be replaced 
by a set of model parameters of the amplifier stored in a parameter memory. This set 
of model parameters of the amplifier for describing the electrical and thermal 
characteristics of the amplifier generates in-band pre-distortion signal and 
out-of-band pre-distortion signal in the manner of real-time processing. And these 
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parameters are regulated adaptively, so that the linearization performance and the 
linearization bandwidth of the pre-distortion will not be influenced by aging and shift 
of the amplifier and the change of external environment. 

The present invention will now be described with reference to the drawings. 

Fig. 4 is a schematic block diagram showing a wideband pre-distortion linearization 
system with the features of the present invention. An input signal 301 is modulated to 
a digital baseband signal by a baseband modulator 302, and then the digital baseband 
signal is corrected by a nonlinear correction device with memory effect 320. The 
correction includes the following steps. An in-band pre-distortion compensation for 
the input signal is performed by an in-band signal pre-distortion processing unit 306A, 
generating an in-band pre-distortion signal; an out-of-band pre-distortion 
compensation for the input signal is performed by an out-of-band signal 
pre-distortion processing unit 306B, generating an out-of-band pre-distortion signal. 
The in-band pre-distortion signal and the out-of-band pre-distortion signal are 
converted respectively to analog signals by digital/analog converter 31 OA and 
digital/analog converter 31 OB, wherein the analog in-band pre-distortion signal is 
up-converted to a RF in-band pre-distortion signal via quadrature modulator 312, and 
the analog out-of-band pre-distortion signal is not up-converted, but added to the RF 
in-band pre-distortion signal directly in signal summer 321, to generate a compound 
signal, which is radiated by antenna 318 after being amplified by power amplifier 316. 
A part of the output signal of the power amplifier 316 is coupled into a feedback 
branch by a signal coupler 317 as a feedback signal, and then the feedback signal is 
demodulated in quadrature and down converted to the analog baseband by a 
quadrature demodulator 314, later a analog/digital converter 31 1 converts the analog 
feedback signal to the digital baseband. The feedback signal is compared with the 
original input signal by an adaptive model parameter extracting unit 308 in the digital 
baseband, to generate two parameter updating signals 3 09 A and 309B which are used 
to update the compensation parameters of the in-band signal pre-distortion processing 
unit and the compensation parameters of the out-of-band signal pre-distortion 
processing unit, respectively. In above device, the local oscillation signals of the 
quadrature modulator 312 and the quadrature demodulator 314 are provided by a 
local oscillator 315, and the phase of the local oscillation signal of the reverse branch 
is regulated by a phase regulator 313, so that there is a certain phase difference 
between the regulated phase and the local oscillation signal of the forward direction 
branch, in order to compensate the RF shift between the forward direction branch and 
the reverse branch. 

The in-band signal pre-distortion processing unit includes three parts. The first part is 
an in-band memoryless nonlinear pre-distortion correction unit for correcting the 
memoryless nonlinear pre-distortion of the amplifier, which is a device performing 
pre-distortion correction of the input signal in a real-time manner according to the 
model parameters of the amplifier, the method of correction calculation is described 
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by equation (5), and this part is used to correct AM-PM distortion characteristic of 
the amplifier. The second part is a finite impulse response filter, which is used to 
correct linear frequency distortion associated with analog/digital converter and 
digital/analog converter. The third part is used to correct distortion due to mismatch 
between the gain and the phase of the undesired quadrature modulator-demodulator, 
and correct distortion and carrier frequency leakage due to DC offsetting of the 
system. 

Fig. 5 is a schematic block diagram showing in-band signal pre-distortion processing 
unit 306A. The memoryless non-linearity of the amplifier is corrected by the in-phase 
component (I signal) and the quadrature component (Q signal) of the baseband signal 
via an in-band memoryless nonlinear distortion correction unit 61. The in-band 
memoryless nonlinear distortion correction unit 61 includes four parts: (two) cube 
generator 61 A for acquiring the cube of the input signal; two fixed parameter 
multipliers 6 IB and 61C, wherein the fixed parameter multiplier 6 IB is used to 
multiply the input signal by a factor -0, and the fixed parameter multiplier 61C is used 
to multiply the input signal by a factor^; (two) signal summer 61D. The baseband 
in-phase (I) channel signal is multiplied by a factor <j> via the fixed parameter 
multiplier 61C after cubed by the cube generator 61 A, to generate a quadrature 
component correction signal AQ ; The baseband quadrature (Q) channel signal is 
multiplied by a factor -</> via the fixed parameter multiplier 61C after cubed by 
another cube generator 61 A, to generate an in-phase component correction signal AI; 
the in-phase component correction signal AI is added to the original in-phase 
component I in summer 6 ID, to generate a nonlinear pre-distortion signal of the 
in-phase component I+AI, and the quadrature component correction signal AQ is 
added to original quadrature component Q in summer 6 ID, to generate a nonlinear 
pre-distortion signal of the quadrature component Q+AQ. The frequency distortion of 
the corrected signals (I+AI, Q+AQ), which is resulted by the analog/digital converter 
and the digital/analog converter, is corrected by a finite impulse response (FIR) filter 
62, and the distortion and the carrier frequency leakage of the corrected signals (I+AI, 
Q+AQ), which is resulted by the mismatch between the gain and the phase of the 
undesired quadrature modulator-demodulator and DC offsetting of the system, is 
corrected by a quadrature modulation-demodulation corrector 63, finally generating 
in-band pre-distortion signal (I+dl, Q+dQ). 

The out-of-band signal pre-distortion processing unit according to the present 
invention includes four parts. The first part is a power envelope calculating device for 
calculating the power envelope of the input signal. The baseband signals in radio 
communication usually consist of an I (in-phase) channel component and a Q 
(quadrature) channel component, therefore the power envelope of the signal is I + Q . 
The second part is a proportional corrector for generating a correction signal in 
proportion to the power envelope of the input signal, which is used to correct 
AM-AM distortion of the amplifier. The third part is 'a thermal memory effect 

22 



corrector, which is a finite impulse response (FIR) filter, i.e. thermal FIR filter for 
short, and the filter is used to filter the input power envelope signal, so as to generate 
a envelope injection signal for correcting thermal memory effect of the amplifier. The 
fourth part is an electrical memory effect corrector, the main structure of which is 
also a finite impulse response (FIR) filter, therefore it is known as electrical FIR filter 
for short, and the filter is used to generate an envelope injection signal for correcting 
electrical memory effect of the amplifier. The above envelope injection signals, i.e. 
the proportional envelope injection signal, the thermal memory effect envelope 
injection signal and the electrical memory effect envelope injection signal are 
superposed at the output of the out-of-band signal pre-distortion processing unit to 
generate a complete envelope injection signal. 

Fig. 6 is the schematic block diagram showing an embodiment of the out-of-band 
signal pre-distortion processing unit according to the present invention. This device is 
mainly used to compensate memory effects of the amplifier and its operation 
principle is as follows. Firstly, the baseband signal is input and its power envelope is 
calculated by a power envelope calculating device, the power envelope is divided into 
three ones: the first one is used to generate a compensation signal proportioned to the 
input signal power envelope via a proportion unit 72, the compensation signal is used 
to compensate memory less non-linearity associated with AM-AM distortion 
characteristic of the amplifier; the second one is used to generate a compensation 
signal for compensating thermal memory effect of the amplifier via thermal FIR filter 
73; the third one is used to generate a compensation signal for compensating the 
electrical memory effect of the amplifier via the electrical FIR filter 74; these three 
compensations are conducted independent of each other, and superposed by a signal 
summer 75 to generate final out-of-band pre-distortion signal 76. 

Fig. 7 shows the structure of an embodiment of the thermal memory effect 
compensation FIR filter according to the present invention. Firstly, the envelope 
power signal 31 of the input signal is filtered by a FII^ filter with predetermined 
coefficient to generate a compensation signal 35 for thermal memory effect, which is 
used to compensate thermal memory effect of the amplifier associated with self-heat 
effect. The weighted coefficients of the weighted factor unit 33A-33E and the delay 
factors of the delay unit 32A-32D in the thermal memory effect compensation FIR 
filter are predetermined, the delay factor of each delay unit may differ from each of 
the weighted coefficient, but they are all updated by the adaptive model parameter 
exacting unit, and the update is performed under ping-pong structure. 

Fig. 8 shows schematically the structure of an embodiment of the electrical memory 
effect compensation FIR filter according to the present invention. Firstly, the 
envelope power signal of the input signal enters into a square root generator to obtain 
the square root corresponding to the input envelope signal, then the square root is 
filtered by a FIR filter 42-44 having predetermined coefficients, and the reciprocal of 
the filtered signal is obtained by a divider 45. Before the divider obtains the 
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reciprocal, the following should be judged: Is the input signal larger than a 
predetermined threshold? If "Yes", the corresponding reciprocal is calculated in 
normal way, and if "NO", the output of the divider is zero. The purpose of such 
judgment is to avoid divisor being zero or a very little number during the calculation 
of the reciprocal. The reciprocal signal is multiplied by a factor proportional to the 
input envelope signal in an multiplier 46, and then is summed with a factor 
proportional to the square root of the input envelope signal in an summer 48, finally a 
compensation signal 49 for electrical memory effect is generated, which is used to 
compensate electrical memory effect associated with the input biasing circuit, 
wherein the two proportion units are 47 A and 47B, respectively. All the coefficients 
here are updated by the adaptive model parameter exacting unit, and the update is 
performed under ping-pong structure. 

Fig. 9 shows schematically the parameter updating process of the adaptive model 
parameter updating unit 408 according to the present invention. The adaptive model 
parameter updating unit 408 includes four parts: a delay regulator 408A, a signal 
comparator 408B, an adaptive algorithm, unit 408C and^a model parameter initial 
calculating unit 408D. The adaptive model parameter updating unit 408 has two 
operation modes: the model parameter identification mode and the model parameter 
adaptive regulation mode. When the adaptive model parameter updating unit operates 
under the model parameter identification mode, the delay regulator 408A regulates 
the delay difference between the feedback signal and the original signal to have the 
two signals aligned about time. The model parameter initial calculating unit 408D 
then calculates the initial value of the amplifier model parameter from the aligned 
input signal and feedback signal. During the calculation of the initial value, the model 
parameter initial calculating unit 408D calls the adaptive algorithm unit 408C to 
regulate part of the model parameters adaptively. When the adaptive model parameter 
updating unit operates under the model parameter adaptive regulation mode, the 
delay regulator 408A regulates the delay difference between the feedback signal and 
the origin signal to have the two signals aligned with regard to time. The aligned 
signals are compared by signal comparator 408B in time domain or in frequency 
spectrum to obtain the difference between the feedback signal and the original signal, 
and this difference is proportional to the degree of distortion of the amplifier; and 
then the adaptive algorithm unit 408C adaptively regulates the compensation 
parameters of the in-band signal pre-distortion processing unit and the out-of-band 
signal pre-distortion processing unit based on the difference signal, the aim of the 
regulation is to have the difference between the feedback and the original signal less 
than a predetermined target. 

Fig. 10 is a flow chart of the amplifier model parameter identification algorithm 
according to the present invention. The purpose of model parameter identification is 
to obtain a set of initial values. In order to simplify the process of the model 
parameter identification, the amplifier models are classified into three levels. The first 
level amplifier model is a nonlinear model without considering the memory effect; 
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the second level amplifier model is a nonlinear model with memory effect 
considering thermal memory effect; and the third level amplifier model is a nonlinear 
model with memory effect that takes the electrical memory effect into consideration. 
In the present invention, the hierarchical extracting aiid hierarchical optimizing 
strategy is taken in the model parameter identification and the process is as follows. 
Firstly, first level model parameters of the amplifier are measured (step 503), during 
measurement, dedicated measurement input signals are used. Then initial values of 
first level model parameters of the amplifier are calculated based on the measurement 
result (step 505). After calculating the amplifier non-linearity compensation 
parameters based on the set of initial values of the model parameters, the 
non-linearity of the amplifier is compensated and the difference between the feedback 
signal and the original signal are compared in time domain waveform and in 
frequency spectrum (step 507), if the error is larger than a predetermined value e 1? the 
extracted model parameters are regulated adaptively by calling the adaptive 
parameter regulation process (step 506, LMS adaptive algorithm) to reduce the error, 
if the error is less than the predetermined value e ]5 the second level model parameters 
of the amplifier is measured to take thermal memory effect of the amplifier into 
consideration (step 509). The initial values of the amplifier second level model 
parameters is obtained based on the calculation of the measurement result or 
predetermined values (step 511), after calculating the non-linearity compensation 
parameters of the amplifier based on the set of initial values, thermal memory effect 
of the amplifier is compensated and the difference between the feedback signal and 
the input signal are compared with respect to time domain waveform and frequency 
spectrum (step 513), if the error is larger than a predetermined value e 2 , the newly 
extracted model parameters are adaptively regulated by calling the adaptive 
parameter regulation process (step 512, FIR filter adaptive algorithm) to reduce the 
error, if the error is less than the predetermined value e 2 , the third level model 
parameters of the amplifier are measured to introduce electrical memory effect of the 
amplifier (step 515). The initial values of the amplifier third level model parameters 
are obtained based on the calculation of the measurement result or predetermined 
values (step 517). After calculating the non-linearity compensation parameters of the 
amplifier based on the set of initial values, the electrical memory effect of the 
amplifier are compensated and the difference between the feedback signal and the 
input signal are compared with respect to time domain waveform and frequency 
spectrum (step 519), if the error is larger than a predetermined value e 3 , the newly 
extracted model parameters are adaptively regulated by calling the adaptive 
parameter regulation process (step 518, FIR filter adaptive algorithm) to reduce the 
error, if the error is less than the predetermined value e3, the model parameter 
identification process is ended. 

Fig. 1 1 is the flow chart of the adaptive algorithm of the amplifier model parameters 
according to the present invention. After obtaining a set of initial values, the model 
parameter adaptive regulation unit adaptively regulates all the model parameters, to 
control the intermodulation distortion within a predetermined level. The adaptation 

25 



process is as follows. Firstly, the nonlinear compensation parameters of the amplifier 
are calculated based on the initial values of the model parameters (601) (step 603); 
the compensated output of the amplifier is measured to obtain a feedback reference 
signal (step 605); the feedback reference signal of the amplifier is aligned with the 
original input signal in time domain (step 607); the aligned signals are compared 
(step 609), generating an error signal which reflects the difference between the 
amplifier model and a real amplifier. A judgment on whether the error signal is 
within the predetermined error range is made, if "Yes", the adaptive parameter 
regulation process is ended, and if "NO", a further judgment on whether the 
parameters to be regulated belong to the FIR filter (step 612), if the answer is "Yes", 
the parameters of the FIR filter are adaptively regulated by calling the Kaman filter 
algorithm or the like (step 608), if the answer is "NO", the adaptive regulation which 
does not belong to the parameters of the FIR filter is performed by calling the LMS 
algorithm or the like (step 610). The adaptive regulation of the parameters will 
change the initial values of the parameters, and the next adaptive regulation process 
will be on the basis of the previous regulated parameters. The cycle is repeating until 
the error between the last feedback signal and the original signal is less than the 
predetermined value. 

The present invention removes the limitation to the bandwidth and the performance 
of the pre-distortion system due to the memory effects, and achieves wideband and 
high performance of the digital pre-distortion linearization technique, by means of an 
innovative wideband pre-distortion method. At the same time, the present invention 
simplifies the design of the pre-distortion system greatly, a v iid reduces its cost. 

The present invention can be used in, but not limited to the applications requiring 
wideband linear amplification, such as base station subsystem of the third generation 
mobile communication system, wireless LAN, etc.. It can also be used to linearize 
power amplifiers of mobile terminals with minor modification. 



26 



